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Summary

This report provides a non-mathematical introduction to speech input and
output technology. It is divided into three parts. The first presents necessary
background information on speech: on its nature, its production and perception,
and on methods of analysis and coding used in speech I/O. A central message is
that our subjective impression of speech is misleading and causes us to underesti-
mate the complexity of speech communication. The second part is concerned
with speech output and discusses the trade-offs that must be made between the
quality and flexibility of the speech generated and the complexity and storage
requirements of the speech output system. The final — and longest — part of the
report deals with speech recognition. Arguments are presented in favor of statisti-
cal rather than rule-based approaches to speech recognition. The categories of
recognizer currently available and the algorithms they use are briefly described,
with the general conclusion that the performance obtained depends critically on
the training process: on the type and quantity of the training material and on
the amount of information derived from it. Three more detailed sections cover
spectral representations and distance measures, the particular set of representa-
tions classed as auditory models, and techniques for handling noise and distor-
tions. The last section discusses the difficulties of specifying recognizer perfor-
mance, and recommends that all performance measurements should be treated

with circumspection. <//_“

Résumeé

Le rapport constitue une introduction non-mathe€matique a la technologie de
la parole. Il se divise en trois parties. La premiére presente de I'information de
base sur la parole: sur sa nature, sa production, sa perception, ainsi que sur les
methodes d’analyse et de codage pertinantes a la reconnaissance automatique et a
la syntheése de la parole. Une des idees maitresses de cette partie est que notre
impression de la parole ne correspond pas 4 la realit€, et qu’elle peut nous mener
a sousestimer la complexite de la communication parlée. La deuxi€éme partie
porte sur la syntheése, et met en evidence les compromis qu’il faut faire entre
d’une part la qualite et la flexibilit€ de la parole genereée et d’autre part la
complexite et les besoins de memoire du systeme utilise€. La derni€re — et la plus
longue — des parties du rapport est consacrée 2 la reconnaissance de la parole.
Elle se declare en faveur des approches basees sur les methodes statistiques plutét
que sur P'application des regles. Une section de cette partie decrit brievement les
classes de systémes de reconnaissance et les algorithmes qu'ils utilisent, avec la
conclusion generale que la performance d’un systéme est largement determinee
par son processus d’apprentissage: par le type et la quantite’ du materiel
d’apprentissage ainsi que par le montant d’information qui en est extrait. Trois
sections plus specialisees traitent des representations spectrales, des modeéles audi-
tifs, et des techniques pour combattre le bruit et les distortions. La derniere sec-
tion explique pourquoi il est difficile de specifier la performance d’un systéme de
reconnaissance et conseille qu'il faut traiter toute mesure de performance avec
circonspection.
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1. Introduction

This report is intended to provide non-specialist readers with a framework
in which to view speech recognition and synthesis technology. It makes no claim
to be a complete, scholarly account, and the references are simply pointers into
the technical literature: citing a particular publication does not necessarily imply
the precedence or special importance of that work. Algorithms are not described
in detail and mathematics is avoided. Some parts do, however, assume a general
technical background. The presentation tries to keep a balance between obscu-
rity and the misleading oversimplification that is common in popular accounts of
the field. Readers must decide into which trap it has fallen.

The report can be divided into three parts. The first, spanning sections 2 to
5, provides background information on speech necessary for understanding the
rest of the report. The second part, in section 6, discusses options for speech out-
put. The third — and longest part — covers speech recognition. Applications-
related issues (such as error-correction strategies) and approaches to language
modeling are not discussed in detail.

Coherent surveys inevitably. take a particular point of view; but wherever an
issue is clearly contentious, I will try to point out that I am expressing my per-
sonal opinion.

2. The Nature of Speech

Our internal impression of speech is misleading. Our perception of its being
composed of discrete, immutable words, themselves composed of discrete, immut-
able speech sounds — often mistakenly called phonemes — corresponds in no way
to the properties of the acoustic signal. What we perceive is the output of a
sophisticated message reconstruction process {1}, much as when we see a picture
we immediately reconstruct a three-dimensional scene from it. In reconstructing
the scene we unconsciously use our knowledge of the world, of lighting effects and
of perspective. In the same way, in reconstructing a spoken message we uncons-
ciously use our knowledge of the language — of its grammar and phonetics — of
the situation, of the speaker, and of the world in general. This reconstruction is
so automatic and effective that we are mostly unaware that we are continually
having to supplement the information present in the acoustic signal: we only
realise that the “s,” “f’’ and ‘‘th’’ sounds in lass, laugh and lath are indistinguish-
able on the telephone when we have to spell out an unfamiliar name. The inade-
quacy of the information in the acoustic signal and the need for a wide
knowledge of the world in ‘“‘making sense’ of the acoustic information mean that
automatic speech recognizers that are as skilled as humans at recognizing unres-
tricted speech are a distant prospect.

There are no gaps between spoken words; indeed, there are no consistent
cues to word boundaries. Our impression to the contrary is a result of the mes-
sage reconstruction process coupled with our familiarity with written language,
which itself reflects an internal representation. Words interact at their boun-
daries: bread board is often pronounced as “breab board,” and the vowel in two
in the sequence {wo siz is often close to the vowel in French tu. Short, low-
content words like a or of can be unrecognizablc when excised from their context.
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The idea that speech sounds resemble written letters is even more mislead-
ing. Some consonant sounds — “d,” “b” and “g,” for example — cannot be pro-
nounced in isolation: they must be preceded or followed by another sound, usu-
ally a vowel. Moreover, we cannot take a recording containing one of these
sounds and cut away the surrounding speech until the sound is heard recognis-
ably in isolation. The cues to the identity of such sounds — and to many others
— are in the continuous transitions into the adjacent sounds. They do not exist
as discrete acoustic entities. Even vowels, which certainly can be produced and
perceived in isolation, can sound quite different when excised from the middle of
a word. More often than not, there is no discernible boundary between one
speech sound and its neighbors.

The impression that words are made up of sequences of discrete, immutable
sounds seems to come from a high level in our processing of speech. At this level
words appear to be coded as sequences of units called phonemes [2] that are capa-
ble of specifying all the distinctions between words that can be made in the par-
ticular language. Whether the phoneme has an objective existence in the brain
has yet to be established, though it seems likely, and in any case it is a natural
and useful abstraction in describing spoken language.

In conjunction with a set of production rules, phonemes provide a
specification of how a given word is to be pronounced. The production rules are
context sensitive: for example, the /t/ phoneme in English results in phoneti-
cally and acoustically different sounds when it begins or ends a word, as in tap
and pat, when it is preceded by an /s/, as in stick or followed by an /r/, as in
tree. We are generally unaware of these differences because they cannot change
the meaning of a word. If some of these differences did correspond to phonemic
distinctions — as they do in many other languages — then they would be much
more noticeable. Nasalization in vowels, for example, is a phonemic cue in
French and is therefore highly noticeable, while in English — where it is at least
as common — it is not a phonemic cue and is therefore largely unnoticed.

Some of the phonetic cues used to signal phonemic distinctions can be
surprising. For example, the words ones and once differ in their final phoneme,
/z/ and /s/ respectively. But in normal speech the main phonetic distinction
between them is in the length on the “n’’ sound, which is typically twice as long
in ones.

All the information in a written message is contained in its words, and the
words themselves are completely specified by the letters from which they are
composed. A spoken message, on the other hand, contains more information than
simply the sequence of words and the sequences of phonemes from which the
words are composed [3]. Apart from side information concerning the identity
and general emotional state of the speaker, there is much additional information
concerned directly with the meaning and structure of the message. This informa-
tion is encoded in prosodic features: pitch, loudness and timing. Through the
intonation and rhythm of a sentence we can deduce its grammatical structure, as
well as information such as whether the speaker intends to continue speaking.
We can often infer something of the speaker’s attitude: a sentence as short as the
word yes can convey scores of different meanings depending on the way it is said.
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New or important information is also highlighted by prosodic cues: ‘“the new red
car’ and ‘“‘the new red car’’ mean different things.

Words in English also have inherent prosodic properties in the level of stress
that is assigned to each syllable. Thus, the noun permit and the verb to permit
are pronounced differently even though they are composed of the same phonemes.
Since prosodic cues signal information at many different levels — word identity,
sentence structure, speaker attitude, etc. — they are difficult to analyze, and no
practical speech recognition system makes use of them. Techniques have instead
been developed to allow prosodic information to be ignored in identifying
sequences of words. For most current uses of recognizers — simple commands,
recording strings of digits, and so on — this strategy is adequate, though if we are
ever to approach human levels of performance, it will not be.

Human listeners, on the other hand, cannot ignore prosodic information. It
is therefore essential that speech output devices generate speech with appropriate
prosody. When we are presented with a synthesized sentence in which the words
are pronounced as though they were spoken in isolation, each word is perfectly
clear, but the sense of the sentence is almost impossible to retain.

3. Speech Production

To a good approximation, the acoustic process of speech production can be
modeled as a source driving a linear filter with little interaction between the
source and the filter. The amplitude spectrum of a speech sound is therefore the
product of the source spectrum and the amplitude response of the filter.

In the most important class of speech sounds, namely voiced sounds, which
includes the vowels, and many consonants such as /if, fm/, /d/, the source is
provided by the vocal cords. The vocal cords open and close at a rate of around
100 Hz in men and closer to 200 Hz in women. This rate, which changes only
slowly, is known as the fundamental frequency or Fg, and it correlates strongly
with the perceived pitch of a speech sound. When we sing a tune, it is the funda-
mental frequency that follows the notes.

Most of the acoustic excitation in voiced sounds is concentrated at the
instant of closure of the vocal cords, and a good approximation to voiced excita-
tion after correcting for an overall 12 dB/octave roll-off is provided by an
impulse at the instants of closure. With a steady fundamental frequency, the
spectrum of the excitation is therefore a set of harmonics separated from each
other by the fundamental frequency and decreasing in amplitude by 12
dB/octave. Deviations from the impu'<e idealization [4] lead to changes in the
quality of the voice — giving it a tense, breathy or falsetto quality, for example —
but in western languages such changes do not alter the phonetic content of the
sound.

In voiceless sounds (consonants such as /p/, [f/ or the [s/ in sea) the exci-
tation source is provided by a constriction in the vocal tract where turbulent
airflow is generated - in /{/, for example, the constriction is between the lower
lip and the upper teeth. This excitation has no periodic component, and can be
modeled as white noise.
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The third and least important class of sounds, including /v/ and /z/, have
mized ezcitation. Thai is, the source consists of noise excitation from a constric-
tion as well as periodic excitation from the vocal cords.

The soft palate at the back of the mouth acts as a valve determining
whether air can flow through the nasal cavity and out through the nostrils or
not. In nasal consonants (/m/, /u/ and the “ng” sound in sing) the valve is
open but airflow through the mouth is shut. off. In nasalized sounds, on the other
hand, air flows through both the oral and nasal cavities. We have already noted
that although nasalization is not a cue to phoneme identity in English it is
nevertheless common. The vowel in a word such as man is almost always nasal-
ized.

In non-nasalized sounds the vocal tract is configured as an unbranched tube.
At the frequencies important for speech, sound propagation in this tube is
effectively planar, and reflections in the tube are determined by changes in its
cross sectional area. The filtering effect of the tube can be represented as a
sequence of resonances, r.e. as an all-pole filter, and the frequencies and
bandwidths of these resonances -- known as formants — are determined by the
positions of the tongue, lips and jaw. These parameters, together with the
roughly 6 dB/octave high-frequency lift caused by radiation from the mouth,
completely specify the filtering effect of the vocal tract in oral sounds.

The lowest frequency resonance, known as the first formant or F;, has an
average value of around 500 Hz in men and varies in the range from 300 to 700
Hz. Succeeding formants are spaced on average 1 kHz apart. In women, formant
frequencies are on average 15% higher than in men, since their vocal tracts are
typically 15% shorter. The higher formants generally have larger bandwidths.

In voiceless sounds, there is often too little. low frequency energy to excite F,
appreciably, The remaining formants have broader bandwidths than in voiced
sounds, resulting in smooth, featureless power spectra.

In nasal and nasalized sounds, the vocal tract becomes a branched tube.
The branching gives rise to antiresonances and thus to a transfer function con-
taining zeroes as well as poles. Such sounds also show additional resonances, and
bandwidths are increased.

4. Aspects of Speech Perception

Human auditory perception [5,6] resembles that of other animals and has
therefore not adapted significantly to deal with speech. It is likely, on the other
hand, that speech has evolved to suit the properties of human auditory percep-
tion. Features of the acoustic signal that are imperceptible obviously cannot be
useful to human listeners. Any information they carry is accidental and is
unlikely to be well controlled. Studying auditory perception should therefore
give us clues to the important cues in speech, and modeling perception will prob-
ably lead to effective representations for automatic speech recognition.

The subjective loudness of a sound is not directly proportional to its acous-
tic power. Energy at low frequencies (below about 200 Hz) and at high frequen-
cies (above about 4 kHz) counts for less than energy at intermediate frequencies.
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Also, equal increments in loudness correspond more closely to equal power incre-
ments measured on 2 log scale than on a linear scale.

The ear is generally considered to be insensitive to the phase structure of a
sound. In fact, if two spectral components are close enough in frequency (within
about 100 Hz at low frequencies, more at high frequencies) their phase relation-
ship is noticeable. Nevertheless, phase insensitivity over larger frequency
differences means that pairs of waveforms can look quite different and yet sound
indistinguishable. This is why analysis methods usually represent the short-term
power spectrum of the speech signal and ignore its phase spectrum. Phase insen-
sitivity is important for human speech perception because room reverberation
and changes in voice quality affect the phase spectrum and would otherwise cause
speech to sound different.

The frequency resolution of the ear is not uniform across the spectrum,
rather, it decreases at higher frequencies. It is often approximated by a scale that
is linear up to 1 kHz and logarithmic from then on, with the range 0-1 kHz being
considered perceptually equivalent in size to the range 1-4 kHz. Perceptual fre-
quencies are measured on the mel (7] or bark [8] scales.

As one would expect from signal theory, the lower frequency resolution at
high frequencies is coupled with better time resolution. This property suits
speech well, since the sounds that need to be distinguished by fine time resolu-
tion, such as the plosive/fricative pairs /t/ and /s/, have their energy concen-
trated at high frequencies and have little spectral fine structure, while sounds
such as the vowels that need to be distinguished by details of their power spec-
trum have most of their power concentrated at low frequencies.

Loud sounds suppress the ear’s response to succeeding sounds at the same
frequency. Thus, a loud tone can mask the presence of a similar weaker tone
presented just after it. This phenomenon is known as temporal masking. The
masking effect decays with time over a period of 100 ms or so. It enhances the
perceptual salience of onsets and of spectral changes, such as formant transitions
between consonants and vowels.

A second kind of masking occurs between components at different frequen-
cies presented at the same time. It is therefore known as simultaneous masking.
The response to a weak tone can be suppressed by the presence of a nearby
strong tone, hence this phenomenon is also called two-tone suppression. The
amount of suppression decreases as the tones move farther apart, and the
decrease is much faster when the masking tone is higher in frequency than the
tone it is masking. Thus, simultaneous masking operates mainly upwards in fre-
quency.

Simultaneous masking is probably responsible for several properties observed
in the perception of speech sounds. The most obvious of these properties is our
ability to ignore low levels of background noise: with wideband noise, intelligibil-
ity is largely unaffected until the signal-to-noise ratio falls below 15 dB.

Many of the masking-related properties concern formants. Experiments
show that we are extremely sensitive to the frequencies of formants but relatively
insensitive to their bandwidths. When pairs of formants come close to each other
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(within about 300 Hz at low frequencies) they fuse and cannot be distinguished
from a single equivalent formant. This fusion occurs over much larger frequency
differences than would be expected from our ability to detect changes in the fre-
quency of a tone, but they are consistent with the range over which two-tone
suppression operates.

Simultaneous masking may also explain why we are largely insensitive to the
details of the fourth and higher formants in voiced sounds. However, the rela-
tively low variability of the higher formants on a perceptual frequency scale may
also help to explain their weak influence on phonetic distinctions.

When listeners are asked to judge the phonetic similarity of two speech
sounds they seem to use different criteria from those they use to judge the overall
similarity of the stimuli simply as sounds [9]. For phonetic judgments listeners
seem able to ignore large differences in spectrum balance (the smooth spectral
shaping that, for example, the tone controls on an audio amplifier affect) [10]. An
ability to ignore spectrum balance differences is useful, because differences in
speaking level affect the spectrum balance as do the reverberant properties of
rooms. Moreover, without this ability communication over the telephone would
be all but impossible.

Finally, there are two properties involving fundamental frequency that are
worth mentioning. The first is our ability to perceive — to hear — the fundamen-
tal frequency of a speech sound even when the fundamental itself has been
filtered out leaving only its higher harmonics. This property is crucial for the
intelligibility of speech over long-distance telephone lines, where the bottom 300
Hz may be missing.

The second such property concerns our perception of the first formant, espe-
cially when the fundamental frequency is high. The frequency resolution of the
ear at low frequencies is fine enough to allow individual harmonics of the funaa-
mental to be detected. Nevertheless, in making phonetic comparisons between
pairs of speech sounds with different fundamental frequencies listeners do not
seem to match the strongest harmonic in the F, region; rather, they seem able to
deduce the frequencies of the formant in the two sounds and base their judgment
on that. There is some question whether listeners ignore the frequencies of the

harmonics completely [11], but it seems clear that to a substantial extent they
do.

In summary, judgments of the phonetic identity of voiced speech sounds
depend heavily on the frequencies of the first two or three formants. These judg-
ments are affected relatively little by the higher formants, by details of formant
bandwidths or amplitudes, by phase properties, or by fundamental frequency.

5. Speech Analysis and Coding Techniques

The properties of speech production and perception described in the last two
sections largely determine the approaches to speech analysis and coding.

Since the parameters of the acoustic source and filter in speech production
vary slowly, it is efficient to separate the source and filter and code their parame-
ters separately. Such parameters need only be estimated fifty or a hundred times
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a second, while if the resulting waveform is encoded, it must be sampled at least
eight thousand times a second. Because of phase insensitivity, only the amplitude
response of the filter need be estimated, while the source can te described by its
amplitude, a voicing decision, 2nd the fundamental frequency in voiced speech.
Speech coding systems that separate source from filter are known as vocoders.
[ For speech recognition purposes, as opposed to speech coding and synthesis, only
the filter characteristics — r.e. the smoothed short-term power spectrum or spec-
trum envelope — are of interest.

The first vocoders were channel vocoders [12], in which the spectrum
envelope is estimated by measuring the energy in a bank of band-pass filters.
The channels are spaced farther apart at higher frequencies to reflect the fre-
quency resolution of the ear. Channel vocoders can be entirely analogue devices,
though today they are usually implemented using digital filters or FFT’s.

The second major class of vocoders are ltnear predictive vocoders, or LPC
(for “linear predictive coding”) devices [13]. LPC assumes that the vocal tract
can be modeled as an all-pole filter and that after preemphasis the source in
voiced sounds can be modeled as a sequence of impulses. In so far as these
assumptions hold, and given that the number of resonances in the filter is known,
LPC can in principle determine the filter parameters exactly by analyzing the
autocorrelation properties of the speech waveform within a single excitation
cycle.

We have seen that the all-pole assumption is not valid for all speech sounds.

However, even when it is invalid — in nasal sounds, for example — LPC can still

do a reasonable job of estimating the spectral envelope. In these cases, it simply

fits to the spectrum the closest envelope it can find that would be generated by

an all-pole filter of the given order. Conveniently, the spectrum fitting is not

based on the usual least-squares criterion, but rather on a criterion that concen-

trates on fitting the high-energy regions of the spectrum at the expense of the

weak regions. This criterion follows naturally from the fact that the LPC analysis
does a least-squares fit to the waveform, since the high-energy parts of the spec- .
trum affect the waveform most. It reflects to some extent the simultaneous '
. masking properties of the ear, which also lead to a concentration on the high- :
energy parts of the spectrum. On the other hand, LPC does not easily lend itself
to reflecting the varying frequency resolution of the ear in the way that channel
vocoders do. .

A more serious weakness of LPC as it is usually implemented comes from its

breaking the requirement that the autocorrelation analysis should be carried out .

. over an unexcited portion of the waveform. Since it is difficult to determine reli- ’
- ably from the waveformn just when the excitations occur, the analysis is instead

carried out over a fixed-length window covering several excitation cycles. More- ;

over, since the use of the exact covariance method of LPC would in these cir- ‘

cumstances often result in the LPC analysis specifying unstable filters, the :
simpler but inexact autocorrelation method is used. This latter method guaran-
tees filter stability at the expense of precision in estimating the parameters of the

resonances. N
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For speech coding purposes some of the weaknesses of LPC can be alleviated
by encoding additional informatic a specifying a more complex time varying exci-
tation function. Residual ezcited linear prediction (RELP) [14] and the more
recent and popular multipulse LPC [15] are examples of this class of coding sys-
tems. Such variants have no effect on the quality of the filter specification, and
have consequently little to contribute to speech recognition.

Most of the compromises made by designers of LPC systems are imposed by
the requirement for real-time operation in communications systems. For many
applications of speech analysis — in particular for speech output systems — there
is no need for the analysis to be done in real time. In these circumstances, pitch-
synchronous LPC [16] can be considered. This approach has been studied inten-
sively in our laboratory [17]. Following the theory of LPC, the autocorrelation
properties are computed over a window placed between consecutive excitation
instants in voiced speech. The excitation points are determined using a device
called a laryngograph or electroglottograph {18], which measures the radio fre-
quency impedance across the larynx and hence the area of contact of the vocal
cords. If the laryngograph signal is recorded in parallel with the speech signal, it
can be used to determine the instants of closure of the vocal cords and thus the
instants of excitation of the vocal tract. The use of the laryngograph also pro- :
vides a far more reliable measure of voicing and fundamental frequency than is
possible using only the speech signal. Errors in voicing and fundamental fre-
quency are a major source of degradation in speech resynthesized from an LPC
analysis. Also, the exact covariance method of analysis can be used, with the
resulting infrequent instabilities being detected and replaced by equivalent stable »
configurations.

Pitch-synchronous LPC is more sensitive than conventional LPC to the qual-
ity of the speech signal. The recordings must be made in extremely quiet, non-
reverberant conditions and digitized with care. For non-real-time applications,
however, the extra effort is well justified by the accuracy the formant analysis
o